Mirror filter is used for the compensation of nonlinear distortions for electro-dynamic loudspeaker systems and is based on the nonlinear differential equations. The design of Mirror filter requires the estimated parameters of a target loudspeaker system. If you obtain the corresponding parameters of a target loudspeaker system and arrange Mirror filter designed using those parameters in front of the loudspeaker, then the nonlinear distortions can be compensated. Hence, the estimated parameters are very important to achieve high compensation performance. In this paper, we therefore examine the effects of the estimated parameters to the compensation performance. Concretely, we clarify the effects by varying each nonlinear parameter in Mirror filter. Simulation and experimental results demonstrate that the compensation performance for the second order nonlinear distortions depends on a nonlinear parameter of the force factor in loudspeaker systems.
INTRODUCTION
The fundamental principle of loudspeaker systems has not changed since their invention. Loudspeaker systems employ a very complex structure to transform an electric signal into a mechanical vibration that generates acoustic waves. Nonlinear distortions are common around the lowest resonance frequency for the electrodynamic loudspeaker systems that are widely used at present. This is because of the nonlinearity of the voice coil driving system and the mechanical nonlinearity of the edge and damper that support the diaphragm [1] . It is clear that these distortions degrade the sound quality. It seems impossible to compensate these distortions completely with only structural improvements. Therefore, some researchers have attempted to compensate nonlinear distortions with digital signal processing. One interesting approach to compensating nonlinear distortions is to employ the 2nd order nonlinear IIR ¿lter based on Mirror ¿lter [2] .
Mirror filter treats the nonlinearity of force factor and stiffness of loudspeaker systems. Hence, a Mirror filter makes it possible to compensate nonlinear distortions caused by the nonlinearity of force factor and stiffness. The design of Mirror filter requires the estimated parameters of a target loudspeaker system. If you obtain the corresponding parameters of a target loudspeaker system and arrange Mirror filter designed using those parameters in front of the loudspeaker, then the nonlinear distortions can be compensated. However, the compensation performance of nonlinear distortions deteriorates if the parameters of the target loudspeaker system is not estimated accurately. Hence, we must obtain a method to determine the parameters accurately. Some methods to determine or estimate the parameters has been reported in the literature [3] - [5] . In this study, it is important to investigate the relationship between the degradation of the compensation performance and the estimation accuracy of the parameters. In other words, we need to investigate the tolerable range of the parameters that can maintain the compensation performance. In this paper, we examine the relationship between the compensation performance and each parameter.
MIRROR FILTER
A Mirror filter employs the nonlinear parameters that depend on the displacement of the diaphragm and generate distorted signals from the loudspeaker system. The Mirror filter is effective in compensating the nonlinearities of the force factor of the voice coil and the magnetic circuit, the mechanical stiffness of the surround and spider, and the self-inductance of the voice coil. When the displacement of the diaphragm of the loudspeaker system is small, the vibration system of the loudspeaker system can be approximated as a single vibration system in a low frequency band. The motion equation is given by a second-order linear differential equation with the linear parameters of the loudspeaker system as follows: . ) ( where u(t) is the input voltage, Bl 0 is the force factor, A 0 is the gain of the analogue part, R e is the electrical resistance of the voice coil, m 0 is the mechanical mass, K 0 is the mechanical stiffness, R m is the mechanical resistance, Z 0 is the lowest resonance frequency, and Q 0 is the sharpness of the resonance at Z 0 . In this case, the displacement x(t) of the diaphragm to the input signal u(t) does not exhibit nonlinearity.
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where L -1 is the inverse Laplace transform operator and * is the convolution operator. However, the nonlinear distortion occurs around the lowest resonance frequency when the displacement of the diaphragm is large. In this case, the force factor, stiffness, and self-inductance of the voice coil become nonlinear parameters and cause the nonlinear distortion in the loudspeaker system. In this section, we assume that only the force factor and stiffness are nonlinear and the remaining parameters are linear. The nonlinear parameters can be approximated using the quadratic functions [3] , [7] as follows:
where b(x) and k(x) represent the nonlinearities of the force factor and stiffness, respectively; both are dimensionless. If the nonlinear parameters that depend on the displacement x of the diaphragm are introduced, (1) may be rewritten in a form similar to
Further we rewrite (7) as follows:
where Q m is the mechanical sharpness of the resonance at Z 0 . If the displacement x of the diaphragm in (8) is equal to that in (4), u L (t) becomes the signal that compensates the nonlinear distortion. At a discrete time, the displacement x of the diaphragm without nonlinear distortion is 
where v(n) and a(n) are the discrete velocity and acceleration components derived from the discrete displacement x(n) of the diaphragm in (10), respectively. The compensation signal u L (n) in (11) that satisfies (10) can be attained with a second-order nonlinear IIR filter. The block diagram of the corresponding Mirror filter is shown in FIGURE 1. The coefficients of the filter in FIGURE 1 are defined as
If the signal in (11) passes through the loudspeaker system, the nonlinear distortion is completely compensated. 
THE EFFECTIVE THAT A VARIATION OF THE NONLINEAR PARAMETERS GIVEN TO NONLINEAR DISTORTION CORRECTION
As can be seen from the filter structure and the structure of multiplier coefficients of Figure 1 , the estimation accuracy of R e , m 0 , Z 0 , Q m , Q 0 , R m , K 0 , and Bl 0 (linear parameters) and b 1 , b 2 , k 1 , and k 2 (nonlinear parameters) significantly affects the compensation performance of nonlinear distortions. Further, since the linear parameters can be accurately estimated from the impedance characteristic of a target loudspeaker, it is necessary to consider only the influence of the estimation accuracy of nonlinear parameters. Therefore, in this paper, we study the effect of b 1 , b 2 , k 1 , and k 2 , which are the nonlinear parameters, to the compensation performance of nonlinear distortions through simulation and experimental results.
Simulations on Compensating Nonlinear Distortion
We conducted simulations on compensating the nonlinear distortions of a loudspeaker system. We used FF125WK made by FOSTEX as target loudspeaker. The specifications of the loudspeaker system are shown in TABLE 1. First, the initial linear parameters were determined from the impedance characteristics, as shown in TABLE 2. Next, we estimated the parameters used in the Mirror filter. These parameters were estimated by the parameter estimation method for a closed-box loudspeaker system using Volterra kernels [5] . This method is based on the calculation of the compensation amount of nonlinear distortions of the nonlinear IIR filter. The identification conditions of the Volterra kernels are shown in These parameter values are used as the reference parameters when each parameter is varied.
We explain the variation method of each nonlinear parameter. Since the signs of b 2 and k 2 are fixed to negative and positive, respectively, on the other hand, the signs of b 1 and k 1 are not fixed, the different variation methods are applied to the parameters with the fixed sign (b 2 and k 2 ) and those with the unfixed sign (b 1 and k 1 ), respectively. Concretely, the parameters with the unfixed sign (b 1 and k 1 ) are varied in ranges given by
In this equation, a determines the variation range and shows the variation rate to the reference parameter. These ranges are divided into N-equally-spaced intervals and each parameter is varied to the corresponding intervals. On the other hand, the parameters with the fixed sign (b 2 and k 2 ) are varied in ranges given by
In this equation, r determines the variation intervals and shows the variation rate to the reference parameter. Moreover, M shows the number of the variation. The variation conditions of each parameter are shown in TABLE 6.
In the simulation, the compensation performance of nonlinear distortions is obtained using each varied parameter and the maximum and minimum average compensation amounts are investigated. Moreover, the variations of the compensation performance are also investigated for the variations of each parameter. In the simulation, each parameter was independently varied. The simulation conditions are shown in TABLE 7. TABLE 8 shows the maximum and minimum average compensation amounts for each nonlinear parameter and FIGURES 2-5 show the variations of the compensation amount for the variation of each nonlinear parameter.
It can be seen from TABLE 8 that the compensation performance of nonlinear distortions depends on the nonlinear parameter b 1 and does not depend on the other nonlinear parameter. Moreover, it can be also seen from FIGURES 2-5 that the compensation performance of nonlinear distortions depends on the nonlinear parameter b 1 . However, it is difficult to compare these nonlinear parameters from FIGURES 2-5. Hence, we compare the average compensation amounts for the normalized parameter by the reference parameter as shown in FIGURES 6 and 7.
It can be seen from FIGURES 6 and 7 that the compensation performance of nonlinear distortions depends on the nonlinear parameter b 1 as well as the above discussions. From the above results, we need to estimate b 1 more accurately than the other nonlinear parameters. 
Experiment on Compensating Nonlinear Distortion
We used FF125WK made by FOSTEX as a target loudspeaker. The compensation experiments were conducted with the parameters shown in TABLE 10 show the parameters which maximize and minimize average compensation amount in the previous simulations, respectively. Moreover, "A", "B" and "C" in TABLE 10 show any other parameter values. Intermodulation distortion (sum components) characteristics in sound pressure level before and after compensation are shown in FIGURE 8-17. It can be seen FIGURE 8-17 that the compensation performance of nonlinear distortions depends on the nonlinear parameter b 1 in the same manner as the simulation results in the previous chapter. We therefore found that we need to estimate b 1 more accurately than the other nonlinear parameters through both simulation and experimental results. FIGURE 8. Intermodulation distortion characteristics FIGURE 9. Intermodulation distortion characteristics before and after compensation using b 1 of "MAX". before and after compensation using b 1 of "MIN".
FIGURE 10. Intermodulation distortion characteristics FIGURE 11. Intermodulation distortion characteristics before and after compensation using b 1 of "A". before and after compensation using b 1 of "B".
FIGURE 12.
Intermodulation distortion characteristics FIGURE 13. Intermodulation distortion characteristics before and after compensation using b 1 of "C". before and after compensation using k 1 of "MAX".
FIGURE 14.
Intermodulation distortion characteristics FIGURE 15. Intermodulation distortion characteristics before and after compensation using k 1 of "MIN". before and after compensation using k 1 of "A".
